In this paper, we analyze the extended real-time Polling Service (ertPS) algorithm in IEEE 802.16e systems, which is designed to support Voice-over-Internet-Protocol (VoIP) services with data packets of various sizes and silence suppression. The analysis uses a two-dimensional Markov Chain, where the grant size and the voice packet state are considered, and an approximation formula for the total throughput in the ertPS algorithm is derived. Next, to improve the performance of the ertPS algorithm, we propose an enhanced uplink resource allocation algorithm, called the e 2 rtPS algorithm, for VoIP services in IEEE 802.16e systems. The e 2 rtPS algorithm considers the queue status information and tries to alleviate the queue congestion as soon as possible by using remaining network resources. Numerical results are provided to show the accuracy of the approximation analysis for the ertPS algorithm and to verify the effectiveness of the e 2 rtPS algorithm. key words: Voice-over-Internet Protocol (VoIP), ertPS scheduling algorithm, IEEE 802.16e system, resource allocation, Quality of Service (QoS)
Best Effort (BE) service to support various multimedia applications having different QoS requirements. Among them, three algorithms, UGS, rtPS, and ertPS, are suitable for realtime multimedia applications, such as VoIP services. Especially, the ertPS algorithm is a scheduling mechanism which takes the merits of UGS and rtPS algorithms [1] , and with this algorithm, the BS can dynamically provide resources to a Subscriber Station (SS). Hence, the ertPS algorithm uses resources more efficiently and supports more users than the UGS and rtPS algorithms [5] , [6] .
In [5] , [6] Lee et al. evaluated the resource utilization and throughput of the ertPS algorithm to show its effectiveness. Zhao and Shen [9] also studied the performance of voice packet transmission and the resource utilization when the ertPS algorithm is used in IEEE 802.16-based backhaul networks. However, to the best of the authors' knowledge, all relevant previous studies used simulations and did not consider any mathematical model to analyze the performance of the ertPS algorithm. In this paper, we develop a two-dimensional discrete-time Markov Chain considering both the grant size (the amount of resources) and the voice packet state. By using it, we analyze the performance of the ertPS algorithm mathematically and obtain an approximation formula for the total throughput in the ertPS algorithm.
Although the ertPS algorithm is an efficient scheme for VoIP services with data packets of various sizes and silence suppression, it allows the SS to use resources only at predefined periodic slot times. So, even when the SS has packets to transmit in its queue and there are remaining (i.e., unused) resources at a slot time, if the slot time is not assigned to the SS, it can not use the resources. Since VoIP services are delay sensitive and require a stringent end-to-end delay bound, it is important to serve the packets of VoIP services as soon as possible so that they are not suffered from queueing delay. In addition, it would be efficient in terms of the resource utilization of the system that remaining resources are assigned to SSs who need to but are not allowed to transmit packets. By additionally assigning the remaining resources to SSs whenever possible, SSs can reduce the packet queueing delay and, accordingly, the maximum number of SSs with VoIP services that satisfy the given maximum delay bound can be increased. With these motivations, we propose an enhanced resource allocation algorithm in IEEE 802.16e systems.
In our proposed resource allocation algorithm, called the enhanced ertPS (e 2 rtPS) algorithm, an SS informs the BS of its queue status information on whether its queue Copyright c 2009 The Institute of Electronics, Information and Communication Engineers length is not less than an a priori given threshold or not. For this purpose, the e 2 rtPS algorithm uses the reserved bit in the Generic MAC Header (GMH) of IEEE 802.16e. Then, the BS becomes aware of the queue congestion of the SS, and additional resources can be assigned to the SS if there are remaining resources.
The remainder of this paper is organized as follows. In Sect. 2, we describe the system model for the ertPS algorithm and analyze it using a two-dimensional Markov Chain, where the grant size and the voice packet state are considered. We then obtain an approximation formula for the total throughput in the ertPS algorithm. In Sect. 3, we propose the e 2 rtPS algorithm, and then we provide numerical results to verify the accuracy of our approximation analysis for the ertPS algorithm and to examine the effectiveness of the e 2 rtPS algorithm in terms of the total throughput and transmission delay in Sect. 4. Finally, we give our conclusions in Sect. 5.
System Model and Analysis of the ertPS Algorithm
In this section, we consider the ertPS algorithm for VoIP services. We assume that physical frame duration times, called frame slots, are of fixed length 5 ms, which is generally used in IEEE 802.16e systems. For our analysis in this section, we assume that 4 frame slots (20 ms) are considered as a unit time. So, the time axis is divided into unit times of length 20 ms and time is indexed by t = 0, 1, 2, · · · . Each SS in the network generates VoIP packets and has a queue of infinite size to accommodate the generated VoIP packets. The queue service discipline is First-In-First-Out (FIFO).
The ertPS Algorithm
The ertPS algorithm is designed to support real-time multimedia applications that periodically generate data packets of various sizes, such as VoIP services with silence suppression [1] , [5] . In this algorithm the BS allocates resources to an SS periodically, e.g., every 4 frame slots, and the BS changes the amount of allocated resources to the SS only when it requests a different amount of resources. We use the term "granted frame slots" to denote the frame slots at which the BS assigns resources to the SS of interest. The assigned resources to the SS can be controlled by using the Grant management SubHeader (GSH) and Bandwidth Request Header (BRH). The formats of the GSH and BRH are given in Table 1 and Fig. 1 , respectively. When the size of a voice packet decreases, the SS informs the BS of the required resources by using the extended piggyback request field of the GSH. On the other hand, when the size of a voice packet increases, the SS informs the BS of the required resources by using the BR MSB and BR LSB fields of the BRH [1] . In this case, when the BS can not assign the required resources to the SS at the current granted frame slot due to lack of remaining resources, the SS can be assigned resources at the nearest available frame slot before the next granted frame slot. Refer to Fig. 2 . By using GSH and BRH, the BS controls the SS's grant size (the amount of assigned resources) to be as large as the size of the packet to be transmitted. The operation of the ertPS algorithm is shown in Fig. 2 .
Voice Packet Arrival
We assume that each SS uses the EVRC (Enhanced Variable Rate Codec) with variable data rates and silence suppression for VoIP service [2] . The EVRC generates one voice packet every 20 ms with four different rates, i.e., full rate (Rate 1), half rate (Rate 1/2), quarter rate (Rate 1/4), and eighth rate (Rate 1/8). The full, half, and quarter rates are regarded as the voice data rates during on (talk-spurt) periods, and the eighth rate is regarded as the voice data rate during off (silence) periods. This results in a voice activity factor ( the expected on period the expected on period+the expected off period ) of 0.4. The detailed EVRC parameters are given in Table 2 . Note that the generated voice packet size is variable according to the rate type of the EVRC, as given in Table 2 .
According to [3] , a first-order Markov Chain for the packet state is defined as shown in Table 3 . Note that the packet state, denoted by s(t), is defined based on the respective rate types with which the previous packet and the current packet (i.e., the Head Of Line (HOL) packet in the queue of the SS of interest) at time t were generated. In Table 3 , R(t) denotes the rate type with which the HOL packet at time t was generated. Then, by the definition of s(t), if the packet state s(t − 1) is equal to k, then the packet state s(t) can be one of four states as follows (refer to Table 3) :
For instance, if s(t −1) = 3, then s(t) ∈ {12, 13, 14, 15}. Note that the Markov Chain has 16 states. When a packet state s(t) is chosen, the data rate, R(t), is given by
We can obtain one step transition probabilities a sk P s(t) = k|s(t−1) = s where s, k ∈ S {0, 1, · · · , 15}, as given in [3] , which will be used later in our analysis.
Analysis of the ertPS
To model an SS with the ertPS algorithm, we assume that the granted frame slots of the SS occur at t = 0, 1, 2, · · · . Note that a unit time is 20 ms long by our assumption. Then, the SS is assigned resources at each time t = 0, 1, 2, · · · . Let g(t) denote a random variable representing the grant size of the SS assigned by the BS at time t. For convenience, we let the state space of g(t) be the same as that of R(t).
Note that the grant size g(t) at time t is affected by both the packet state and the grant size at time t − 1. In addition, a voice packet can be transmitted or kept in the queue at time t according to the values of g(t) and s(t) in the ertPS algorithm. Therefore, in order to analyze the system behavior, we consider a two-dimensional discrete-time Markov Chain {g(t), s(t)}. With the state pair {g(t), s(t)}, the following types of transitions can occur in the ertPS algorithm:
for i ∈ X and s ∈ S. The first transition type in (1) is for the case where the grant size is equal to the HOL packet size at time t − 1, and, accordingly, the HOL packet is transmitted at time t − 1. The grant size is not changed in this case, i.e., g(t − 1) = g(t). The second transition type is for the case where the HOL packet size is smaller than the grant size at time t − 1. So, in this case, the HOL packet is transmitted at time t − 1, but the grant size is decreased at time t. The third and fourth transition types are for the cases where the HOL packet size is greater than the grant size at time t − 1. So, voice packet transmission is not possible due to the insufficiency of allocated resources at time t − 1. The third transition type occurs when the BS can not also assign the requested amount of resources until time t. Note here that the length of a unit time in our analysis is 20 ms. Since the ertPS algorithm is operated based on frame slots of length 5 ms, the SS can have more chances (exactly three more chances) to obtain resources for packet transmission between two time points, t − 1 and t. On the other hand, the fourth transition type occurs when the HOL packet is transmitted before time t, i.e., the BS can assign the requested amount of resources before time t. Let P (i,s),( j,k) denote transition probabilities from
We then have the state transition probability matrix in block form as follows:
where the submatrix T i, j is defined as
To compute P (i,s),( j,k) , we consider the behavior of the ertPS algorithm in detail. When the grant size is greater than or equal to the packet size at time t − 1, which corresponds to the first and second transition types in (1), we can derive P (i,s),( j,k) as follows:
where a sk = P[s(t) = k|s(t − 1) = s], s, k ∈ S {0, 1, · · · , 15}, as defined in Sect. 2.2. On the other hand, when the grant size is smaller than the packet size at time t − 1, which corresponds to the third and fourth transition types in (1), we can derive P (i,s),( j,k) as follows:
Here, P g(t) = i|g(t−1) = i, s(t−1) = s , i < 1 2 (s mod 4) , is the probability that a sufficient grant size is not assigned by the BS until time t. On the other hand, P g(t) = j|g(t − 1) = i, s(t − 1) = s , i < j = 1 2 (s mod 4) , is the probability that a sufficient grant is assigned by the BS until time t. These probabilities are not easy to compute because they are related to the reserved amount of resources (the sum of all grant sizes) for the other SSs in the network. To approximate these probabilities, we consider the following.
Let TG denote a random variable representing the sum of all grant sizes at an arbitrary frame slot and R tot be the total amount of resources that can be used for VoIP services at a frame slot in the network. Since there are three more frame slots (of length 5 ms) between two time points, t − 1 and t (of length 20 ms), it follows that
where r s denotes the required resources to transmit a HOL packet with packet state s ∈ S. Let r 1 , r 2 , r 3 , and r 4 denote the required resources when data rates are 1, 1 2 , 1 4 , and 1 8 , respectively. As mentioned in Sect. 2.2, for a packet state s(t) = s, the data rate R(t) is given by 1 2 (s mod 4) ∈ {1, 1 2 , 1 4 , 1 8 } . Therefore, r s is equal to r i , 1 i 4, when 1 2 (s mod 4) is 1 2 i−1 . To compute P TG > R tot − r s , we assume that total VoIP users in the network are equally distributed over 4 frame slots between two time points, t − 1 and t, and there are N VoIP users in a frame slot. Moreover, we assume that the network is in steady state. If N 1 , N 2 , N 3 , and N 4 are random variables which denote the numbers of users in a frame slot whose packet data rates are 1, 1 2 , 1 4 , and 1 8 , respectively, then N 1 , N 2 , N 3 , and N 4 have a multinomial distribution as follows:
where p 1 , p 2 , p 3 , and p 4 are given in Table 2 . Using this, we can approximate the probability in (3) as follows:
where 1{A} is the indicator function defined by 1 if A is true and by 0 otherwise. Similarly, we can approximate the probability P g(t) = j|g(t − 1) = i, s(t − 1) = s , i < j = 1 2 (s mod 4) , in (2) that a sufficient grant can be assigned by the BS until time t as follows:
Let π (i,s) = lim t→∞ P{g(t) = i, s(t) = s} be the stationary probabilities of the two-dimensional Markov Chain. Define a row vector π by π = π (1,0) , · · · , π (1, 15) , · · · , π ( 1 8 ,0) , · · · , π ( 1 8 ,15) . Then, the stationary distribution π can be computed from π = πP, i∈X,s∈S π (i,s) = 1.
Let L i i ∈ {1, 2, 3, 4} be the information bits per HOL packet when the data rate of the HOL packet is 1, 1 2 , 1 4 , and 1 8 , respectively, as given in Table 2 , and T VC be the frame generation duration 20 ms in the EVRC. As mentioned before, since we assume that total VoIP users in the network are equally distributed over 4 frame slots between two time points and there are N VoIP users in a frame slot, there are a total of 4N VoIP users in the network. Then, in the ertPS algorithm the total throughput of the information data can be calculated as follows:
where p u i denotes the probability that a HOL packet with data rate 1 2 i−1 is transmitted at an arbitrary time, and is computed by
where j = 1 2 s mod 4 and i = (s mod 4) + 1. Here, the first term j j π ( j,s) is the probability that the grant size is not less than the HOL packet size. The second term is the probability that the grant size is less than the HOL packet size, but the HOL packet is transmitted before the next granted frame slot.
Proposed Algorithms for VoIP Services in IEEE 802.16e Systems
In the ertPS algorithm, an SS can not use resources at frame slots which are not granted frame slots (except for the case that the SS sends the BRH to the BS) even though the SS has packets to transmit in its queue and network resources remain at those frame slots. Since VoIP services are delay sensitive and require a stringent end-to-end delay bound, if voice packets suffer from excessive queueing delay even for a short period of time, then the voice quality degrades. Therefore, it is important to serve VoIP packets as soon as possible so that they are not suffered from queueing delay. In addition, it would be efficient in terms of the resource utilization of the system that remaining resources are assigned to SSs who need to but are not allowed to transmit packets. By additionally assigning the remaining resources to SSs whenever possible, SSs can reduce the packet queueing delay and, accordingly, the maximum number of SSs with VoIP services that satisfy the given maximum delay bound can be increased. With these motivations, we propose the enhanced ertPS (e 2 rtPS) algorithm by modifying the ertPS algorithm in this section.
The e 2 rtPS Algorithm
Our e 2 rtPS algorithm considers the queue status of each SS when the BS assigns resources. In the e 2 rtPS algorithm, an SS informs the BS of its queue status information on whether the queue length of the SS is not less than an a priori given threshold K or not. If the queue length of the SS is greater than or equal to K, then the BS tries to assign additional resources to the SS.
To inform the BS of the SS's queue status we use the reserved bit in the Generic MAC Header (GMH) of IEEE 802.16e. The GMH format of the IEEE 802.16e standard is shown in Fig. 3 . As shown in Fig. 3 , each MAC PDU (Protocol Data Unit) begins with a GMH of length 6 bytes, and in the GMH there is one reserved bit for additional future operations. In the e 2 rtPS algorithm the reserved bit is called the Queue status Indicator (QI) bit. When the SS transmits a voice packet with assigned resources at each granted frame slot, the SS checks whether its queue length is greater than or equal to K or not, i.e., whether queue congestion occurs or not. If the SS detects that its queue length is greater than or equal to K, the QI bit is set to '1.' Otherwise, the QI bit is set to '0.' By doing this, without any additional overhead and amending the overall framework of IEEE 802.16e, the SS can inform the BS of its queue status and can continuously request additional resources until the queue congestion is alleviated. When the BS assigns additional resources to the SS, the amount of additional resources is equal to the currant grant size of the SS. In the e 2 rtPS algorithm, the SS can inform the BS of its queue status only when the SS transmits a voice packet to the BS because the QI bit in the GMH is used for this purpose. Therefore, we can consider two cases according to the current grant size and the size of the HOL packet in SS's queue. The detailed operations of the e 2 rtPS algorithm are as follows.
• Case 1:
When the current grant size is greater than or equal to the size of the HOL packet at the granted frame slot and the SS detects its queue congestion, the SS sets the QI bit to '1' in the GMH and transmits the voice packet. Then, the BS becomes aware of the queue congestion of the SS and determines whether remaining resources at the next frame slot (which is not the granted frame slot of the SS) are available for the SS. This is performed by checking the reserved amount of grants that have already been allocated to other SSs at the frame slot of interest. If remaining resources are not less than the current grant size of the SS, the BS assigns additional resources to the SS. However, if remaining resources are not available, then the BS can not assign additional resources to the SS. Then, the BS continuously checks over the network resource availability at every frame slot until the next granted frame slots of the SS. If there are enough remaining resources at some frame slot, additional resources are allocated to the SS at the frame slot. On the other hand, if there are no remaining resources at any of the frame slots between two consecutive granted frame slots, then the BS assigns the reserved resources to the SS at the next granted frame slot in the same manner as in the ertPS algorithm. Now assume that the SS is assigned additional resources at some frame slot. Note that the amount of additional resources is equal to the current grant size.
If the size of a new HOL packet is not greater than the current grant size, the SS transmits the HOL packet at the frame slot. On the other hand, if the size of the HOL packet is greater than the current grant size, the SS can not transmit the HOL packet at the frame slot. In this case, the SS uses the assigned additional resources at the frame slot to transmit the BRH in order to request an increase in the grant size as in the ertPS algorithm. Then, the BS uses the newly requested grant size to check whether it can assign additional resources, which are equal to the newly requested grant size, to the SS as described above. So, the e 2 rtPS algorithm makes the SS to send the BRH before the next grant frame slot of the SS, if possible, in this case.
In the e 2 rtPS algorithm, the BS performs the above procedures at every possible frame slot whenever it receives a packet with the QI bit set to '1.' If more than one SS request additional resources simultaneously at a frame slot, then the BS selects some of them randomly up to an acceptable number of SSs according to the amount of remaining resources at the frame slot.
• Case 2:
When the current grant size is smaller than the size of the HOL packet, then the SS can not inform the BS of its queue congestion because it can not transmit the HOL packet. In this case, the mechanism follows the same manner as the ertPS algorithm. Then, after the SS receives the requested resources, the SS can inform the BS of its queue congestion status by transmitting the HOL packet with a QI bit, which is 1, in the GMH, and the next processes are the same as in Case 1. Fig. 4 The operation of the e 2 rtPS algorithm.
In the e 2 rtPS algorithm, if the SS no longer wants to receive additional resources because the queue length drops to below K, then the SS sets the QI bit to '0' in the GMH and transmits the HOL packet. Then, the BS stops assigning additional resources to the SS, and the ertPS algorithm is performed. The operation in the e 2 rtPS algorithm is shown in Fig. 4 .
Numerical Results
In this section, we provide simulation results to verify the accuracy of our analysis for the ertPS algorithm and the performance improvement of the e 2 rtPS algorithm. First, we describe the simulation environment. We consider that voice packets are generated every 20 ms at each SS and the generated voice packet sizes are variable according to the rate type of the EVRC, as given in Table 2 . The transition probabilities among the four rate types can be obtained from [3] , as mentioned in Sect. 2. We assume that the amount of required resources, r 1 , r 2 , r 3 , and r 4 to transmit the voice packets of four rate types are 6, 4, 3, and 2 resource units, respectively. In fact, r i depends the value L i , 1 i 4, respectively, and the detailed derivation of the values r i from L i , 1 i 4, is given in [5] , [6] . Moreover, we assume the total resources R tot are 140 units as in [5] . Figure 5 shows the total throughput in the ertPS algorithm. The results obtained from our approximation formula are denoted by 'ertPS ana ,' and the results estimated by simulations for the ertPS algorithm are denoted by 'ertPS sim .' As shown in Fig. 5 , the results from analysis are matched well with the results from simulations. So, we confirm that our analysis of the ertPS algorithm is appropriate.
Next, we show the effectiveness of the e 2 rtPS algorithm through simulation. In simulation, we first use the threshold value K = 1, and the results are plotted in Fig. 6 . As shown in Fig. 6 , we can verify that the total throughput of the e 2 rtPS algorithm is improved compared with that of the ertPS algorithm. In particular, when the total number of SSs is more than 100, the total throughput of the e 2 rtPS algorithm is significantly greater than that of the ertPS algorithm. This result implies that the e 2 rtPS algorithm works effectively when the number of SSs is large. In fact, we observe that the to- tal throughput increases up to 15% in the e 2 rtPS algorithm compared to that in the ertPS algorithm when the number of SSs is 150.
Next, we examine the effect of threshold value K in the e 2 rtPS algorithm. In several studies [5] , [6] , [9] , the maximum delay bound is generally assumed to be 60 ms. Note that even if there are only 3 packets in the queue, some of them are likely to be delayed over 60 ms (and consequently may be dropped) because packet transmission intervals for an SS are 20 ms in length. Therefore, in simulations, we change the threshold value K from 1 to 3 and plot the simulation results for the total throughput, as shown in Fig. 7 . We observe that the total throughput in the e 2 rtPS algorithm increases as the threshold value K decreases. As mentioned in Fig. 6 , the e 2 rtPS algorithm with threshold value K = 1 works effectively when the total number of SSs is more than 100. On the other hand, we observe that the e 2 rtPS algorithm with threshold value K = 2 or K = 3 works effectively when the total number of of SSs is more than 120.
Finally, the simulation results for transmission delay of a voice packet in an SS are plotted in Fig. 8 . In Fig. 8 , transmission delay of a voice packet is the sum of the queueing delay and physical frame duration time 5 ms for transmitting the voice packet. As shown in Fig. 8 , when the total number of SSs is more than 110, transmission delay in the e 2 rtPS algorithm with K = 1 or K = 2 is remarkably less than that in the ertPS algorithm. When K = 3, transmission delay in the e 2 rtPS algorithm is a little bit less than that in the ertPS algorithm until the number of SSs reaches around 150. However, when the number of SSs is greater than 150, the difference of transmission delays in both algorithms becomes significant. Therefore, we conclude that the e 2 rtPS algorithm can greatly alleviate the queue congestion. Figure 8 also shows that the maximum number of SSs that satisfy a given maximum delay bound is increased by using the e 2 rtPS algorithm. For instance, assume that the transmission delay requirement is given to be 60 ms. Then, from Fig. 8 , we see that the maximum numbers of SSs that satisfy the given delay bound in the ertPS algorithm and the e 2 rtPS algorithms with K = 1, K = 2, and K = 3 are 147, 167, 155, and 152, respectively. So, the e 2 rtPS algorithm with K = 1 has an increase of 14% in the maximum number of SSs compared with the ertPS algorithm, which also shows the usefulness of the e 2 rtPS algorithm.
Conclusion
In this paper, we analyze the ertPS algorithm by using a twodimensional Markov Chain, where the grant size and the voice packet state are considered. From the analysis, we obtain an approximation formula for the total throughput in the ertPS algorithm. To improve the performance of the ertPS algorithm, we propose an enhanced ertPS algorithm, called the e 2 rtPS algorithm, for VoIP services in IEEE 802.16e systems. Through numerical studies, we show that our approximation results for the ertPS algorithm are matched well with the simulation results. In addition, we verify that the e 2 rtPS algorithm can improve the total throughput and decrease transmission delay.
